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1
METHOD FOR PROCESSING
MULTICHANNEL ACOUSTIC SIGNAL,
SYSTEM THEREFOR, AND PROGRAM

TECHNICAL FIELD

The present invention relates to a multichannel acoustic
signal processing method, a multichannel acoustic signal pro-
cessing system, and a program therefor.

BACKGROUND ART

One example of the related multichannel acoustic signal
processing system is described in Patent literature 1. This
system is a system for extracting objective voices by remov-
ing out-of-object voices and background noise from mixed
acoustic signals of voices and noise of a plurality of talkers
observed by a plurality of microphones arbitrarily arranged.
Further, the above system is a system capable of detecting the
objective voices from the above-mentioned mixed acoustic
signals.

FIG. 3 is a block diagram illustrating a configuration of the
noise removal system disclosed in the Patent literature 1. A
configuration and an operation of a point of detecting the
objective voices from the mixed acoustic signals in the above
noise removal system will be explained schematically. The
system includes a signal separator 101 that receives and sepa-
rates input time series signals of a plurality of channels, a
noise estimator 102 that receives the separated signals to be
outputted from the signal separator 101, and estimates the
noise based upon an intensity ratio coming from an intensity
ratio calculator 106, and a noise section detector 103 that
receives the separated signals to be outputted from the signal
separator 101, noise components estimated by the noise esti-
mator 102, and an output of the intensity ratio calculator 106,
and detects a noise section/a voice section.

CITATION LIST
Patent Literature
PTL 1: JP-P2005-308771A (FIG. 1)
SUMMARY OF INVENTION
Technical Problem

While the point of detecting the objective voices from the
mixed acoustic signals, which is included in the noise
removal system described in the Patent literature 1 explained
above, aims for detecting the objective voices from the mixed
acoustic signals of voices and noise of a plurality of the talkers
observed by a plurality of the microphones arbitrarily
arranged, it includes the following problem.

The above problem is that an operation of the signal sepa-
rator 101 is non-efficient.

The reason thereof is that the signal separation is required
in some cases and is not required in some cases, dependent
upon microphone signals when it is supposed that a plurality
of'the microphones are arbitrarily arranged, and for example,
the objective voices are detected by employing the signals
coming from a plurality of the microphones (microphone
signals, namely, input time series signals in FIG. 3). That is, a
degree in which the signal separation is necessitated differs
dependent upon the processing of a rear stage of the signal
separator 101. When a large number of the microphone sig-
nals of which the signal separation is not required exist, the
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2

signal separator 101 results in expending an enormous calcu-
lation amount for the unnecessary processing, and it is non-
efficient.

Thereupon, the present invention has been accomplished in
consideration of the above-mentioned problems, and an
object thereof lies in providing a multichannel acoustic signal
processing method capable of efficiently performing signal
separation for the input signals of the multichannel, a system
therefor and a program therefor.

Solution to Problem

The present invention for solving the above-mentioned
problems is a multichannel acoustic signal processing
method, comprising: calculating a feature for each channel
from input signals of a multichannel; calculating an inter-
channel similarity of said by-channel feature; selecting a
plurality of the channels of which said similarity is high; and
separating the signals by employing the input signals of a
plurality of the selected channels.

The present invention for solving the above-mentioned
problems is a multichannel acoustic signal processing sys-
tem, comprising: a feature calculator that calculates a feature
for each channel from input signals of a multichannel; a
similarity calculator that calculates an inter-channel similar-
ity of said by-channel feature; a channel selector that selects
aplurality of the channels of which said similarity is high; and
a signal separator that separates the signals by employing the
input signals of a plurality of the selected channels.

The present invention for solving the above-mentioned
problems is a program causing an information processing
device to execute: a feature calculating process of calculating
a feature for each channel from input signals of a multichan-
nel; a similarity calculating process of calculating an inter-
channel similarity of said by-channel feature; a channel
selecting process of selecting a plurality of the channels of
which said similarity is high; and a signal separating process
of separating the signals by employing the input signals of a
plurality of the selected channels.

Advantageous Effect of Invention

The present invention can accomplish an object of the
present invention that the channels requiring no signal sepa-
ration can be removed, and yet the signals are efficiently
separated.

BRIEF DESCRIPTION OF DRAWINGS

FIG. 1 is block diagram illustrating a configuration of the
best mode for carrying out the present invention.

FIG. 2 is a flowchart illustrating an operation of the best
mode for carrying out the present invention.

FIG. 3 is ablock diagram illustrating a configuration of the
noise removal system of the Patent literature 1.

DESCRIPTION OF EMBODIMENTS

Hereinafter, the exemplary embodiment of the present
invention will be explained in details by making a reference to
the accompanied drawings.

FIG. 1 is a block diagram illustrating a configuration
example of the multichannel acoustic signal processing sys-
tem of the present invention.

The multichannel acoustic signal processing system exem-
plified in FIG. 1 includes feature calculators 1-1 to 1-M that
receive input signals 1 to M and calculate a by-channel fea-
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ture, respectively, a similarity calculator 2 that receives the
features and calculates an inter-channel similarity, a channel
selector 3 that receives the inter-channel similarity and selects
the channels of which the similarity is high, and signal sepa-
rators 4-1 to 4-N that receive the input signals of the selected
channels of which the similarity is high and separate the
signals.

FIG. 2 is a flowchart illustrating a processing procedure in
the multichannel acoustic signal processing system related to
the exemplary embodiment of the present invention.

The details of the multichannel acoustic signal processing
system of this exemplary embodiment of the present inven-
tion will be explained below by making a reference to FIG. 1
and FIG. 2.

It is assumed that input signals 1 to M are x1(¢) to xM(t),
respectively. Where, t is a sample number. The feature calcu-
lators 1-1 to 1-M calculate the features 1 to M from the input
signals 1 to M, respectively (step S1).

FUD) =[f1UT) F12T) ... fILD] ... (1-1)
FAT) = [ £2UT) f22T) ... f2L(D)] ... (1-2)

FM(T) = [ ML(T) fMUT) ... MLD)] ... (1-M)

Where, F1(T) to FM(T) are the features 1 to M calculated
from the input signals 1 to M, respectively. T is an index of
time, and it is assumed that a plurality of samples t are one
section, and T may be used as an index in its time section.

As shown in numerical equations (I-1) to (I-M), each of the
features F1(T) to FM(T) is configured as a vector having an
element of an L.-dimensional feature (L. is a value equal to or
more than 1). As the element of the feature, for example, a
time waveform (input signal), a statistics quantity such as an
averaged power, a frequency spectrum, a logarithmic spec-
trum of frequency, a cepstrum, a melcepstrum, a likelihood
for a acoustic model, a confidence measure (including
entropy) for the acoustic model, a phoneme/syllable recogni-
tion result, a voice section length, and the like are thinkable.

It can be assumed that not only the features to be directly
obtained from the input signals 1 to M, as described above,
but also the by-channel value for a certain criteria, being the
acoustic model, are the feature, respectively. Additionally, the
above-mentioned features are only one example, and need-
less to say, the other features are also acceptable.

Next, the similarity calculator 2 receives the features 1 to
M, and calculates the inter-channel similarity (step S2).

The method of calculating the similarity differs dependent
upon the element of the feature.

A correlation value, as arule, is suitable as an index expres-
sive of the similarity. Further, a distance (difference) value
becomes an index expressive of the fact that smaller the value,
the higher the similarity. Further, with the case that the feature
is the phoneme/syllable recognition result, the method of
calculating the similarity is a method of comparing character
strings, and a DP matching etc. is utilized for calculating the
above similarity in some cases.

Additionally, the above-mentioned correlation value and
distance value and the like are only one example, and needless
to say, the similarity may be calculated with the indexes other
than them. Further, the similarities of all combinations of all
channels do not need to be calculated, and with a certain
channel, out of M channels, taken as a reference, only the
similarity for the above channel may be calculated. Further,
with a plurality of times T taken as one section, the similarity
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in the above time section may be calculated. With the case that
the voice section length is included in the feature, it is also
possible to omit the processing subsequent it for the channel
in which no voice section is detected.

The channel selector 3 receives the inter-channel similarity
coming from the similarity calculator 2, and selects and
groups the channels of which the similarity is high (step S3).

As a selection method, the method of clustering, for
example, the method of grouping the channels of which the
similarity is higher than a threshold as a result of comparing
the similarity with the threshold, and the method of grouping
the channels of which the similarity is relatively high are
employed. At that moment, the channel that is selected for a
plurality of the groups may exist. Further, the channel that is
not selected for any group may exist.

Additionally, the similarity calculator 2 and the channel
selector 3 may perform the processing in such a manner that
the channels to be selected are narrowed by repeating the
processing for the different features such as the calculation of
the similarity and the selection of the channel.

The signal separators 4-1 to 4-N perform the signal sepa-
ration for each group selected by the channel selector 3 (step
S4).

The technique founded upon an independent component
analysis, the technique founded upon a mean square error
minimization, and the like are employed for the signal sepa-
ration. While it is expected that the output of each signal
separator is low in the similarity, there is a possibility that the
outputs of the different signal separators include the output
having a high similarity. In that case, some of the outputs
resembling each other may be discarded, namely, for
example, when three outputs resembling each other exist, two
of three outputs may be discarded.

This exemplary embodiment performs the signal separa-
tion in a small-scale unit based upon the inter-channel simi-
larity without performing the signal separation for all chan-
nels, and further, does not input the channel requiring no
signal separation into the signal separators. For this reason, it
becomes possible to efficiently perform the signal separation
as compared with the case of performing the signal separation
for all channels.

As mentioned above, this exemplary embodiment calcu-
lates the inter-channel similarity of the feature calculated for
each channel, and separates the signals for the channels of
which the similarity is high. Adopting such a configuration
and separating the signals makes it possible to remove the
channels requiring no signal separation, whereby an object of
the present invention that the signals are efficiently separated
can be accomplished.

Additionally, while in the above-described exemplary
embodiment, the feature calculators 1-1 to 1-M, the similarity
calculator 2, the channel selector 3, and the signal separators
4-1 to 4-N were configured with hardware, one part or an
entirety thereof can be also configured with an information
processing device that operates under a program.

Further, the content of the above-mentioned exemplary
embodiment can be expressed as follows.

(Supplementary note 1) A multichannel acoustic signal
processing method, comprising:

calculating a feature for each channel from input signals of
a multichannel;

calculating an inter-channel similarity of said by-channel
feature;

selecting a plurality of the channels of which said similar-
ity is high; and

separating the signals by employing the input signals of a
plurality of the selected channels.
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(Supplementary note 2) A multichannel acoustic signal
processing method according to supplementary note 1,
wherein said feature to be calculated for each channel
includes at least one of a time waveform, a statistics quantity,
a frequency spectrum, a logarithmic spectrum of frequency, a
cepstrum, a melcepstrum, a likelihood for an acoustic model,
a confidence measure for an acoustic model, a phoneme rec-
ognition result, a syllable recognition result, and a voice
section length.

(Supplementary note 3) A multichannel acoustic signal
processing method according to supplementary note 1 or
supplementary note 2, wherein an index expressive of said
similarity includes at least one of a correlation value and a
distance value.

(Supplementary note 4) A multichannel acoustic signal
processing method according to one of supplementary note 1
to supplementary note 3, comprising repeating calculation of
said by-channel similarity and selection of a plurality of the
channels of which the similarity is high a plurality of number
of times by employing the different features, and narrowing
the channels that are selected.

(Supplementary note 5) A multichannel acoustic signal
processing system, comprising:

a feature calculator that calculates a feature for each chan-
nel from input signals of a multichannel;

asimilarity calculator that calculates an inter-channel simi-
larity of said by-channel feature;

achannel selector that selects a plurality of the channels of
which said similarity is high; and

a signal separator that separates the signals by employing
the input signals of a plurality of the selected channels.

(Supplementary note 6) A multichannel acoustic signal
processing system according to supplementary note 5,
wherein said feature calculator calculates at least one of a
time waveform, a statistics quantity, a frequency spectrum, a
logarithmic spectrum of frequency, a cepstrum, a melcep-
strum, a likelihood for an acoustic model, a reliability degree
confidence measure for an acoustic model, a phoneme recog-
nition result, a syllable recognition result, and a voice section
length as the feature.

(Supplementary note 7) A multichannel acoustic signal
processing system according to supplementary note 5 or
supplementary note 6, wherein said similarity calculator cal-
culates at least one of a correlation value and a distance value
as an index expressive of said similarity.

(Supplementary note 8) A multichannel acoustic signal
processing system according to one of supplementary note 5
to supplementary note 7:

wherein said feature calculator calculates the by-channel
different features by use of different kinds of' the features; and

wherein said similarity calculator selects the channels a
plurality number of times by employing the different features,
and narrows the channels that are selected.

(Supplementary note 9) A program causing an information
processing device to execute:

a feature calculating process of calculating a feature for
each channel from input signals of a multichannel;

a similarity calculating process of calculating an inter-
channel similarity of said by-channel feature;

a channel selecting process of selecting a plurality of the
channels of which said similarity is high; and

a signal separating process of separating the signals by
employing the input signals of a plurality of the selected
channels.

(Supplementary note 10) A program according to supple-
mentary note 9, wherein said feature calculating process cal-
culates at least one of a time waveform, a statistics quantity, a

10

15

20

25

30

35

40

45

50

55

60

65

6

frequency spectrum, a logarithmic spectrum of frequency, a
cepstrum, a melcepstrum, a likelihood for an acoustic model,
a confidence measure for an acoustic model, a phoneme rec-
ognition result, a syllable recognition result, and a voice
section length as the feature.

(Supplementary note 11) A program according to supple-
mentary note 9 or supplementary note 10, wherein said simi-
larity calculating process calculates at least one of a correla-
tion value and a distance value as an index expressive of said
similarity.

(Supplementary note 12) A program according to one of
supplementary note 9 to supplementary note 11, wherein said
channel selecting process repeats said feature calculating pro-
cess and said similarity calculating process a plurality num-
ber of times by employing the different features, and narrows
the channels that are selected.

Above, although the present invention has been particu-
larly described with reference to the preferred embodiments,
it should be readily apparent to those of ordinary skill in the
art that the present invention is not always limited to the
above-mentioned embodiment, and changes and modifica-
tions in the form and details may be made without departing
from the spirit and scope of the invention.

This application is based upon and claims the benefit of
priority from Japanese patent application No. 2009-031111,
filed on Feb. 13, 2009, the disclosure of which is incorporated
herein in its entirety by reference.

INDUSTRIAL APPLICABILITY

The present invention may be applied to applications such
as a multichannel acoustic signal processing apparatus for
separating the mixed acoustic signals of voices and noise of a
plurality of talkers observed by a plurality of microphones
arbitrarily arranged, and a program for causing a computer to
realize a multichannel acoustic signal processing apparatus.

REFERENCE SIGNS LIST

1-1 feature calculator for calculating the feature from the
input signal 1

1-2 feature calculator for calculating the feature from the
input signal 2

1-M feature calculator for calculating the feature from the
input signal M

2 similarity calculator

3 channel selector

4-1 signal separator for separating the signal of the channel
selected as a group 1

4-N signal separator for separating the signal of the channel
selected as a group N

The invention claimed is:

1. A multichannel acoustic signal processing method, com-
prising:

calculating a feature for each channel from input signals of

a multichannel,

calculating an inter-channel similarity of said by-channel

feature;

grouping a plurality of the channels of which said similar-

ity is high; and

separating the signals for each group for input signals of the

grouped channels.

2. The multichannel acoustic signal processing method
according to claim 1, wherein said feature to be calculated for
each channel includes at least one of a time waveform, a
statistics quantity, a frequency spectrum, a logarithmic spec-
trum of frequency, a cepstrum, a melcepstrum, a likelihood
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for an acoustic model, a confidence measure for an acoustic
model, a phoneme recognition result, a syllable recognition
result, and a voice section length.

3. The multichannel acoustic signal processing method
according to claim 1, wherein an index expressive of said
similarity includes at least one of a correlation value and a
distance value.

4. The multichannel acoustic signal processing method
according to claim 1, comprising repeating calculation of said
by-channel similarity and selection of a plurality of the chan-
nels of which the similarity is high a plurality of number of
times by employing the different features, and narrowing the
channels that are selected.

5. A multichannel acoustic signal processing system
including a computer, comprising:

a feature calculator included in the computer that calcu-
lates a feature for each channel from input signals of a
multichannel;

a similarity calculator included in the computer that calcu-
lates an inter-channel similarity of said by-channel fea-
ture;

achannel selector that groups a plurality of the channels of
which said similarity is high; and

a signal separator that separates the signals for each group
for input signals of the grouped channels.

6. The multichannel acoustic signal processing system
according to claim 5, wherein said feature calculator calcu-
lates at least one of a time waveform, a statistics quantity, a
frequency spectrum, a logarithmic spectrum of frequency, a
cepstrum, a melcepstrum, a likelihood for an acoustic model,
a confidence measure for an acoustic model, a phoneme rec-
ognition result, a syllable recognition result, and a voice
section length as the feature.

7. The multichannel acoustic signal processing system
according to claim 5, wherein said similarity calculator cal-
culates at least one of a correlation value and a distance value
as an index expressive of said similarity.

8. The multichannel acoustic signal processing system
according to claim 5:

wherein said similarity calculator repeats a plurality of
calculations of the similarity by use of different kinds of
the features, and
wherein said channel selector repeats a plurality of

selections of the channels.

9. A non-transitory computer readable storage medium
storing a program, causing an information processing device
to execute, comprising:

a feature calculating process of calculating a feature for

each channel from input signals of a multichannel;

a similarity calculating process of calculating an inter-
channel similarity of said by-channel feature;

a channel grouping process of grouping a plurality of the
channels of which said similarity is high; and

a signal separating process of separating the signals for
each group for input signals of the grouped channels.

10. The non-transitory computer readable storage medium
storing a program according to claim 9, wherein said feature
calculating process calculates at least one of a time waveform,
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a statistics quantity, a frequency spectrum, a logarithmic
spectrum of frequency, a cepstrum, a melcepstrum, a likeli-
hood for an acoustic model, a confidence measure for an
acoustic model, a phoneme recognition result, a syllable rec-
ognition result, and a voice section length as the feature.

11. The non-transitory computer readable storage medium
storing a program according to claim 9, wherein said similar-
ity calculating process calculates at least one of a correlation
value and a distance value as an index expressive of said
similarity.

12. The non-transitory computer readable storage medium
storing a program according to claim 9, wherein said channel
selecting process repeats said feature calculating process and
said similarity calculating process a plurality number of times
by employing the different features, and narrows the channels
that are selected.

13. The multichannel acoustic signal processing method
according to claim 1, further comprising repeating calcula-
tion of the inter-channel similarity of the by-channel feature
and the selection of the plurality of the channels of which the
similarity is high a plurality of number of times by employing
different features, and narrowing the channels that are
selected.

14. The multichannel acoustic signal processing method
according to claim 1, wherein the separating further includes
performing signal separation based upon the inter-channel
similarity without performing the signal separation for all
channels, and does not input a channel requiring no signal
separation into signal separators.

15. The multichannel acoustic signal processing method
according to claim 5, wherein said similarity calculator
repeats a plurality of calculations of the similarity by use of
different kinds of the features.

16. The multichannel acoustic signal processing method
according to claim 15, wherein said channel selector repeats
a plurality of selections of the channels.

17. The multichannel acoustic signal processing system
according to claim 5, wherein a non-transitory computer
readable storage medium stores a program causing the com-
puter to realize the feature calculator, the similarity calcula-
tor, the channel selector, and the signal separator.

18. The multichannel acoustic signal processing system
according to claim 5, further comprising a non-transitory
computer readable storage medium that stores a program for
the multichannel acoustic signal processing system to be
executed by the computer.

19. The non-transitory computer readable storage medium
storing a program according to claim 9, wherein said similar-
ity calculating process repeats a plurality of calculations of
the similarity by use of different kinds of the features.

20. The non-transitory computer readable storage medium
storing a program according to claim 19, wherein said chan-
nel selecting process repeats a plurality of selections of the
channels.



